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1 17.04.2003 

Adaptive filtering 



FIELD OF THE INVENTION 

The present invention relate generally to adaptive filters and methods for performing the 

same and more specificaUy, to ad^tive filters and methods for performing the same ^ 
improved outputs and/or with reduced cominitational conq)lexity. 

•5 . . . 

DESCRIPTION OF THE RELATED ART 

In Ihe proposals for &e Super Audio Cb^ 
fix>m a sigmardelta modulator (SDM), referred to as the direct stream digital (DSD) format is 
directly put on disc, as a 64 times oversampled one-bit signal, for exanq>le. Due to lliis 

10 feature, the bandwidth of SA-CX), in prmcq[>le, exceeds lOOkHz, where jfrom 0-20 kHz the 
Signal-to-Noise-Ratio (SNR) is high (about 1 20 dB), and fixnn 20 kHz upwards, Ibe SNR 
gradually decreases because of increased quantization. 

This characteristic is schematically displayed in Fig. 1, where the solid line 
curve illustrates the conventional DSD spectrum without audio input signal. This inarease in 

15 noise causes a potential problem in signal processing, which can easily be explained. 

A small signal recorded in DSD may need to be amplified by a large fector. 
Because the DSD signal itself cannot be amplified (the DSD signal includes 1-bit words with 
value -1 and 1), the DSD signal needs to be converted to an intermediate ferma^ amplified, 
and converted back to DSD. The conversion to the intermediate format is in principle a low- 

20 pass operation, where tiie output of tiie low-pass filter is a hi^-rate multi-bit signal . The 
amplification operation can be performed in the intennediate format If abandwidth of 100 
kHz is to be retained, as discussed above, tiie filter characteristic shown by the dotted line in 
Fig. 1 can be used for the low-pass filtering. As is clear fixmi Fig. 1, a significant amount of 
noise may still be present after tiie low-pass filtering (sometimes, the power in the noise 

25 region, 20-100 kHz, is more than that of flie signal itself). After a gsin fector has been applied 
to the intermediate signal, the original signal is amplified, and so is the noise signal. Finally, 
the amplified signal may be converted back to DSD. This operation involves feeding the 
intermediate high-rate multi-bit signal to an SDM. 
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Tliis may cause two problems. Fiist, the input values to an SDM cannot be 
afWtraiily large and tos there is a chance the SDM may be overloaded and become unstable 
when the amplified signal is input to the SDM. Since every requantization operation (to the 
intemiediate format and back to the DSD fonnat) adds some hi^-frequency noise, chances 
that an overload may occur increase with each signal processing operation performed. Once 
an overload has occurred, there is no way to restore the ou^ut. 

Second, the SA-CD standard as defined in the Super-Audio CD System 
Description, Part 2, "Audio Specification", also known as the Scarlet book, prescribes, in 
Annex D, tihie maamum amount of noise (RMS) which is allowed to be present in the band 
above 20 Kffg. ThA tna-riimim RMS vahe for the band between 40 kHz and ICQ kHz is set in 
order to protect loudspeakers. Again, it is very possible that whereas the original signal might 
be Annex D compliant, an amplified version might not. 

Ckmventionally, signal processing is performed until a problem is mel^ i.e., 
eiflier tiie final disc is not Annex D compliant, or overloading of tiie SDM occurs. If a 
problem is detected, the entire process is repeated, but wifli different conversion filters. These 
new filters wiU filter out more high-fi«quency information, so that no problems will be 
encountered. The new filter characteristic could be, for example, the dashed line in Fig. 1. 

This approach has clear drawbacks in tiiat, if a mistake is discovered after a 
significant amount of processing has already been performed, it all must be re-done, and that 
low-pass filtering may be appUed in some cases where it is not necessary - thus unnecessarily 
reducing the bandwidth of tiie intermediate signal (although it is noted tiiat tiie bit-mte of the 
intermediate format wiU not change). 

It is clear fitxm tiie above, that requantization of a DSD signal is not a trivial 
task and that many problems may occur when requantizmg. Two of these problems have 
been identified: overload of a SDM and generation of non-compHant SA-CD DSD streams. 

As described above, filtering of signals is a common c^eration in digital 
signal processmg (DSP) plications, lypically FIR filters are used because of the easy 
realizable linear phase response. In applications that deal witii hi^-quality digital audio, 
such as SA-CD, a non-linear phase is not acceptable, so IIR filters are not used. However, 
if ad^tive (low-pass) filtering is required, IIR filters are used because it is known how to 
change the cut-off fi-equency without clicks in the audio output for IIR filters. Phase 
correction techniques, which are expensive, can be appUed, but a suitable or perfect linear 
phase response cannot be obtained. Furthermore, UK filters are computationally expensive. 
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SUMMARY OF TEffi INVENTION 

An object of fhe invention is to present a solution that improves adaptive 
filtering. Other objects of Ifae invention are to provide the ability to switch between different 
low-pass filters without introducing clicks or other distortions in the filtered output and/or 
5 to generate filter coefBcients in an efiBdent way with reduced conq>utational load. 

To this end, the present invention provides an adaptive filtering device and 
method where at least one adaptive filter receives an mpvX signal and a metering device 
receives an output of tiie at least one ad^tive filter, monitors a characteristic of the output, 
such as power of high-fiiequency con^onents, and forwards a correction signal in a feedback 
10 loop to adjust the characteristic. 

The present invention finlher provides an additive filtering device where the 
ad^tive filter is a low-pass filter, the metering device is a band-pass or high-pass filter and 
the characteristic is amount of high fiequency power in the output and the correction signal 
raises or lowers the high fi»]uency cut-off of Ihe low-pass filter. 
IS The present invCTtion further provides an ad^tive filtering device a^ 

method, where the adjusted characteristic is applied to the input signal block-by-block. 

The present invention fiirther provides a signal processing device including a 
signal processing unit with at least one hqnit and at least one ou^ut and an adaptive filtering 
device fi»r each of the at least one inputs and at least one outputs. 
20 The present invention further provides a method of perforining adaptive 

filtering, including receiving an output of at least one adaptive filter, monitoring a 
characteristic of the output, and forwarding a correction signal in a feedback loop to adjust > 
the filter characteristic in order to adjust the output characteristic. 

The present invention further provides a method of performing adaptive 
25 filtering, the at least one adaptive filter is a low-pass filt^, and the characteristic is amount of 
hi^ firequency in the output and the correction signal raises or lowers the high frequency cut- 
off of the low-pass filter. 

To this end, the present invention also provides an adaptive filtering device 
and method where two low-pass FIR filters receive an iqput signal, a weig^ited adder receive 
30 ou^uts from the two low-pass FIR filters and changes a weighting of each to produce filtered 
output data, and a controller that receives a cut-off fi^quency, supplies the cut-off fi-equency 
to the two low-pass FIR filters, and supplies a signal to the weighted adder for varying the 
weighting of each of the low-pass FIR filters to switch therebetween. 
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The present invention fiirater provides an additive filtering device where the 
varied weighting is supplied block-by-block. 

The present invention further provides an adaptive filtering device where the 
adaptive filter device operates in a normal mode and a transition mode. In the normal mode, 
the adaptive filter device does not switch filter characteristics and the output of the adaptive 
filter device is from only one of the at least two low-pass FIR filters. In the transition mode, 
the adaptive filter device switches filter characteristics and the ou^ut of the adaptive filter 
device is firom more than one of Ihe at least two low-pass FIR filters. 

The present invention &rther provides that, in the transition mode, the 
controller calculates new filter coefficients and loads the new filter coefficients into an 
unused low-pass FIR filter, enables the unused low-pass FIR filter, varies the wei^ting 
between at least one of the low-pass FIR filters currratiy being used and tiie unused low-pass 
FIR filter to switch therebetween, and disables the at least one of the low-pass FIR filters 
currendy being used. 

The preset invention fiirther provides that the controller calculates the new 
filter coefficients by calculating initial sine and cosine values using an approximation 
formula and calculating coefficients using a sine prediction fflter. The present invention 
fiirther provides that the controller calculates coefficients using the sine prediction filter by 
applying a pre-calculated window fimction and normalizing the window for unity DC 
gain. 

The present invention fiirther provides a method of performing ad^tive 
filtering, including receiving outputs from at least two low-pass FIR filters and changing a 
weighting of each to produce filtered ou^ut data and receiving at least one cut-off frequency, 
supplying the cut-off fi^quency to the at least two low-pass FIR filters, and varying the 
weighting of each of the at least two low-pass FIR filters to switoh between at least two low- 
pass FIR filters. 

The present invention fiirther provides a method that operates in a normal- 
mode and a transition mode. In the normal mode, the method does not switoh filter 
characteristics and the output is from only one of the at least two low-pass FIR filters. In the 
transition mode, the method switehes filter characteristics and the ou^ut is fix)m more than 
one of the at least two low-pass FIR filters. 

The present invention fiirther provides that the transition mode includes 
calculating new filter coefficirats and loading the new filter coefficients into an unused low- 
pass FIR fflter, enabling the unused low-pass FIR fflter, varying the weighting between at 
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least cme of flie low-pass FIR filters currently being used and the unused low-pass FIR filter 
to switch therebetween, and disabling the at least one of the low-pass FIR filters currently 
beiiijgused. 

The present invention fijrther provides that calculating the new filter 
coefficients includes calculating initial sine and cosine values using an ^proximation 
formula, and calculating coefficients using a sine prediction filter. 

The present invention fiirther provides that calculating coefficients using the 
sine prediction filter includes applying a pre-calculated window fijnction and normalizing 
ibo window for unity DC gain. 

BRIEF DESC3EUFnON OF THE DRAWINGS 

The present invention will become more fiilly understood fiom the detailed 
description given below and the acconapanying drawings, \drich are given for purposes of 
illustration only, and thus do not limit fbe inventioiL 

Fig. 1 illustrate a graph of a oonventiona] DSD sfpectrum without audio hspat 
signal as the soUd line curve and two filter characteristics usable for low-pass filtering, 
shown by flie dotted line and the dashed line. 

Fig. 2 illustrates an adaptive low-pass filtering device, in accordance with 
an ^eoctplary embodiment of the present invention. 

Fig. 3 illustrates a signal processing apparatus including a pluraKty of ad^tive 
low-pass filtering devices, in accordance with an exemplary embodiment of the present 
invention. 

Fig. 4 is a gr^h of the spectrum of a valid signal, obtained by adjusting the 
gain of a . 1 .KHz sine wave. 

Fig. 5 is a graph of the spectrum of a DSD stream that has been generated 
fiom the signal shown in Fig. 4. 

Fig. 6 is a gr^ of the spectrum of a DSD stream that has been generated 
with an ad^tive low-pass filtering device, in accordance with an exemplary embodiment 
of the present invention. 

Fig. 7 illustrates an adaptive low-pass filtering device, in accordance with 
another exemplary embodiment of the present invention. 
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DETAILED DESCRIPTION OF THE EXEMDPLARY EMBODIMENTS 

As is clear ftom the problems discussed in conveational solutions, it is 
important to control flie signal energy in the high-fiequency region. Hie basic idea 1» solve 
this, is to provide an active filtering operation in the signal path, which filters to such an 
5 extint that the total high-frequency signal power is maintained below a desked maxhnum or 
maxima. 

Fig. 2 illustrates the structure of an adaptive low-pass filtering device 100, 

which accomplishes this objective, in accordance with an exemplary embodiment of the 

present invention. An incoming, intermediate, multi-bit stream 101. witii full frequency 

10 range, generated by low-pass filtering at e.g.lOO IdHz, passes tiirou^ an ad^ve low-pass 

filter 102. This stream 101 is exemplary, any other stream known to one of ordinary skiU m 

the art could also be utilized. 

The resulting ou^ stream 103 is fed through a metering device, such as a 

band-pass or high-pass filter 104, which determines tiie power of tiie higji frequency (HP) 
15 part of the signal 101. If the amount of HF is too large, a correction signal 105 is fed back to 
the ad^tive low-pass filter 102 to reduce the cat-oflrfi»quency, tiius redudng the amount of 
HF in ihe output signal 103. Conversely, if tiie amount of HF is too small, tiie correction 
signal 105 is fed back to Ihe low-pass filter 102 to increase tiie cut-off frequency, tiius 
mcrease tiie amount of HF in tiie output signal 103. This parameter, tiie high frequency (HF) 
20 part of tiie signal, is exemplary, any otiier parameter or parameters known to one of ordinary 
skin in the art could also be utilized. 

The output stream 103 of tiie ad^tive low-pass filter 102 may be passed 
Arou^ an optional clq»per 1 06 to help ensure a downstream SDM will not be overloaded 
because of large peak values in tiie baseband. The output 107 of tiie adaptive low-pass 
25 filtering device 100 may be safely converted to DSD. If tiie desired maximum or maxima are 
set as tiie Annex D values, tiie ouftmt signal 107 will be compliant witii Annex D. 

In a signal processing ^>paratus 30, as shown in Fig. 3, each individual signal, 
Ini „n and Out (input and/or output) of signal processing unit 300 may be filtered by an 
ad^ve low-pass filler 1 02. In tiiis case, no signal is unnecessarily reduced in bandwidflL 



30 



Example 1 

Figs. 4 to 6 demonstrate tiie operation of tiie ad25)tive filtering device 100 of 
Figs. 2 or 3. Fig. 4 is a gr^h of tiie spectrum of a valid signal, obtained by adjusting tiie 
gain of a 1 kHz sine wave. Fig. 5 is a gr^h of tiie spectrum of tiie DSD sti«am tiiat has 
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been generated ftom the signal shown in Fig. 4. As shown in Fig.5, not only is Ihe sine 
wave with a fisquency of 1 kHz gone, but Ihe output signal does not contain any 
infoimation, which indicates the SDM has been overloaded Fig. 6 is a gr^h of the 
spectrum of the DSD stream that has been generated with the adaptive filtering device 100 
5 of Figs. 2 or 3. The sine wave has been preserved and the ou^nzt signal is valid for fiirther 
editing and/ormastering. 

While it is easy to design ad^tive im. filters, nR filters cannot be used to 
implement the adaptive low-pass filter 102 of Fig. 2 because of their non-linear phase 
characteristic. The adaptive low-pass filter 102 may be inqilemented as one or more FIR 

10 filter structures, for example a linear phase, symmetric filter with constant length. The 

coefficients of the one or more FIR filter structures may be calculated on basis of the desired 
cut-off fiiequency of tiie one or more FIR filter structures. 

The input data of tiie ad^ve filtering device 100 iruy be processed in blocks 
usmg different exenq>lary techniques or alg^uithms. In a first eKenq>lary algorilfam, 

15 coeffidents ofdie one or more FIR filter structures which make iq> the ad^>tivefiltei^ 

device 100 are maintained constant fiw the duration of a block. Then, the last processed block 
or blocks are analyzed, and on basis of these results the cut-off fi:equency of the one or more 
FIR filter stnictures are adjusted. The next block will be filtered using the adjusted cut-of 
fiiequency and/or the modified coefficients. An advantage of this first exemplary algorithm 

20 is processing. 

In a second exemplary algorithm, again coefficients of the one or more FER 
filter structures which make up the ad^tive filtering device 100 are maintained constant fiw 
the duration of a block. The cut-off fi^en(^ fot the subsequent block is calculated on 
basis of the previous block or blodcs. In the second exemplary algorithm, two or more FIR 

25 filter stmctures are used to make up the adt^tive filtering device 100 and the filtered output 
of tiie ad^ve filtermg device 100 is composed of the combination of two or more filter 
outputs, one firatn each of the two or more FIR filter structures. In the second exemplary 
algorithm, a first of the two or more FIR filter structures has settings fixMn the previous block 
and a second of the two or more FIR filter structures has the settings calculated for the 

30 currraxt block. Further, die weighting ratio of the settings may be varied during one block 
period, resulting in a smoothly changing output An advantage of the second exen^lary 
algorithm is a reduction or absence of clicks in the ad^tive filtering device 100 output 
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A third exemplaiy algorithm is a combination of the first and second 
exemplary algorithms, where the second exen^lary algorithm is inq»lemented when cHcks 
aie imminent, oflierwise the first exemplary algorithm is inaplemented. 

Fig. 7 illustrates the structure of an ad^tive low-pass filtering device 200, 
in accordance wiih another exemplary embodiment of the present invention. Fig. 7 
includes two or more adaptive filters 202, 204 (for example, low-pass, FIR filters of 
constant and equal length), a weighted adder 206, and a controller 208. 

Icputs to the adaptive low-pass filtering device 200 may include the data 
201 (for example, audio data) to be filtered and a cut-off frequency 203. An output is the 
) filtered data 205 (for exanqjle, audio data). In an exemplary embodiment, the coefficients 
of the two or more ad^tive filters 202, 204 are not fixed, but can vary and are calculated in 
the controller 208. 

Exemplary operation of the ad^tive low-pass filtering device 200 of Fig. 7 
may be as follows. In order to achieve click-less switching, the ad^ve low-pass 
5 filtering device 200 may be m either normal mode or in transition mode. In normal mode, 
the adaptive low-pass filtering device 200 is not changing filter characteristics. In 
transition mode Ihe adaptive low-pass filtering device 200 is changmg between different 

filter characteristics. 

In normal mode, there is no cut-off transition in progress and only one FIR 
20 filter 202 is active and the output of the adaptive low-pass filtering device 200 mcludes 
the output of this single FIR filter 202. The cost of filtering is thus equal to the cost of 
one single FIR filter and the ad^tive low-pass filtering device 200 is no more expensive 

than a single fixed FIR filler. 

In transition mode, if a new cut-off fl»quency is selected, the controUer 208 
25 calculates filter weights that correspond to flie new cut-off. The new filter weights are 

loaded in the inactive FIR (for exanaple, m FIR filter 204). In order to achieve a cUck-less 

or substantially cUck-less transition and to reduce con:q)utational load, at least two 

exemplary switching scenarios may be used. 

In a first exemplary switchmg scenario, if the change in cut-off fi»quency 
30 is small compared to Ihe signal bandwidth or if tiie selected cut-off fl^quency is fer above 

die audible audio range, instant changing between tiie two FIR filters 202, 204 may be 

performed witiiout a high risk of intiroducing cHcks or other distortions into die filtered 

data 205. 
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In a second exemplaiy switclimg scenario, if an ins^ 
coefBcients is not acceptable, fhe two fflteis 202, 204 can be op 
time. The jBltered data 205 output from the adaptive low-pass filtering device 200 may 
then be slowly changed fix>m a 100% weight of the first FIR filter 202 and 0% of the 
5 second FIR filter 204, to 0% of the first filter FIR 202 and 100% of the second FIR filter 
204. By perfomiing a gradual change between the two filters 202, 204, the filtered data 
205 will not contam clicks and no distortion will be present. After the filter switching 
process has been completed, the first FIR filter 202 can be turned off and only the second 
FIR filter 204 will be necessary. It is noted that the function used to vary the weighting 
10 firom 100% to 0% and vice versa, may be any mathematical function, for exanQ>le, linear, 
exponential, etc. as would be Imown to one of ordinary sldU in the ar^ 
The switching process can be sunamarized as 

• calculate new filter coefBcients and load them in the second filter, 

• enable tihe second filter, 

15 • change weighting of output firom 1:0 to 0:1 in order to switch filters 

(instantly or gradually, depending on selected cut-ofF frequency and change in cut-off 
firequency), and 

• disable the first filter. 

A result of the above described switching procedure, is that the cut-off 
20 frequency cannot change instantly for every combination of initial and ending cut-off 
frequency. However, the cross-over period does not need to be long, e.g. 1,45 ms is long 
enough for high-quality audio applications, and is therefore practically instantaneous. 

Changing the cut-off frequency of an FIR low-pass filter is relatively 
complex since all the coefQcients of the filter need to be recalculated. In general, 
25 calculating the coefBcients of an FIR is time consuming and requires sinQ operations or 
iterative search procedures, which are both expensive. In an exemplary embodiment a 
window design method which does not need tiie usual sinQ operations or iterative search 
loops is used, and can thus be relatively easy implemented in hardware. In an exemplary 
embodiment; the steps for calculating 2M+1 FIR coefficients (and their associated 
30 number of calculations) are as follows: 

• calculate mitial (sin and cos) values using approximation formulas 
(required for the sine prediction filter. 8 multiplications, 5 additions), and 

• calculate coefficients using the sine prediction filter (M multiplications, 

M additions). 
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• opply a pre-calculated window fimction (M+1 multiplications), 

• nonnalize the window for unity DC gain (M+2 multiplications, 

M additions, 1 division). 

The cost for calculating the FIR. is 3*M+11 multiplications, 2*M+5 
5 additions and 1 division, which is about the same cost as calculating three output samples 
of a sin^e FIR and thus almost negligible. 

Example 2 

By coirectiy choosing the number of filter t^s and designing a matching 
10 window function, it is, for exanople, possible to create an adaptive low-pass filtering 

device that has only 13 filter taps but which can be tuned between a cut-off of 0.85 % and 
0.17 3C and that has less than 0.05 dB ripple between 0 and 0.057 % (corresponds to a cut- 
oflfbetween 150 kHz and 60 kHz that is flat (<0.05 dB) up to 20 kHz fer a system 
running at Sx44100 Hz. 
15 As described above, exemplary embodiments of the present invention 

provide the ability to control the signal energy m the Hgh-firequency region, fiw example, in 
a desired range, below a desired maximum or noaxima or above a desked minimum or 
minima. 

As also described above, exemplary embodiments of the present invention 
20 provide the ability to switch between different low-pass filters without introducing clicks 

or oflier distortions in the filtered ou^ut and/or to generate filter coefficients in an efficient 

way with reduced computational load. 

It is noted that tbe various exemplary embodiments of the present invention, 

iiMsluding specific adaptive devices may be used singly or in any combination, as would be 
25 known to one of ordmaty skill in the art For example, tiie device of Fig. 2, 3, and 7, may 

be ixsed together in any combination. 

It is further iK)ted fbsA tiie features of the present mvention are usable with 

many iypes of filters, such as low-pass, band-pass, high-pass, FIS, active, passive, 

symmetric, asymmetric, constant length, and variable length. 
30 The adaptive filters according to exemplary embodiments of the present 

mvention may be included in an ADC and/or DD converter. Such an ADC and/or DD 

converter may be part of signal processing applications/devices for Super Audio CD 

(SACD) equipment e.g. a player. 
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It is noted that Ihe processing described above is particular useftd in Ihe 
processing of DSD. 

It is furflier noted fliat that the input need not be restricted to a bitstream; the 
iiqput may also be a (multi-bit) digital signaL It should be noted that the above-mentioned 
5 embodiments illustrate rather than limit the invention, and that those skilled in the art will be 
able to design many alternative embodimente without departing £rom the scope of the 
q>pended claims. In the claims, any reference signs placed between parentheses shall not be 
construed as limiting the claims. The word "conqmsing" does not exclude the presence of 
other elements or steps than those listed in a claim. The invention can be implemented by 
10 means of hardware conQ>rismg several distinct elements, and by means of a suitable 

programmed consputer. In a device claim enumerating several means, several of these means 
can be embodied by one and the same item of hardware. The mere &ctor Hiat certain 
measures are recited in mutually different dependent claims does not indicate that a 
combination of tihese measures cannot be used to advantage. 
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CLAIMS: 



1. An adqrtivejBltering device (100), compri 

at least one ad^^tive filter (102) for receiving an input signal (101); and 
a metering device (104) for receiving an output (103) of the at least one ad^tive filter (102), 
monitoring a characteristic of Ihe output (103), and forwarding a corr^ 
S feedback loop to adjust the characteristic. 

2. The adaptive filtering device (100) of claim 1, wherein the at least one 
adaptive filter is a low-pass filter, the metering device is a band-pass or high-pass filter and 
the characteristic is amount of high firequency in the output and Ihe correction signal raises or 

10 lowers the high fi:equency cut-off of the low-pass filter. 

3. The adaptive filtering device (100) of claim 1, wherein the adjusted 
characteristic is applied to the iiqput signal block-by-block. 

IS 4. A signal processing device (30), conotprising: 

a signal processing unit (300) including at least one input and at least one . 

output; and 

the adaptive filtering device (100) of claim 1 for each of the at least one inputs 
and at least one outputs. 

20 

5. An adaptive filtering device (200), comprising: 

at least two low-pass FIR filters (202, 204) for receiving an input signal (201), 
a weighted adder (206) for receiving outputs fi*om each of the at least two low- 
pass FIR filters (202, 204) and changing a weighting of each to produce filtered oulput data 
25 (205); and 

a controUer (208) for receiving at least one cut-off fi:equency (203), supplying 
the cut-off fi:equency (203) to the at least two low-pass FIR filtets (202, 204), and supplying 
a signal to the weighted adder (206) for varying the weighting of each of Hie at least two low- 
pass FIR filters (202, 204) to switeh between at least two low-pass FIR filters (202,204). 
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6, Hie ad^ve ffltering device (200) of claim 5, wheiem the varied weighting is 

^lied block-by-block. 

5 7, The adaptive filtering device (200) of claim 5, wherein the ad^ve fflter 

device (200) operates in a nomial mode and a transition mode, wherein the normal mode, the 
adaptive filter device (200) does not switch filter characteristics and the output of the 
adaptive filter device (200) is firom only one of the at least two low-pass FIR filters (202, 
204) and in the transition mode, the adaptive filter device 200 switches filter characteristics 

10 and the output of flie ads^ve filter device (200) is firom more than one of the at least two 
low-pass FIR filters (202, 204). 

8, The adt^ve filtering device (200) of claim 7, wherdn tibe tranation mode, 

file controller (208) calculates new filter coefficients and loads the new filter coeffidents into 
15 an unused low-pass FIR filter (204), enables Ihe unused low-pass FIR filter (204), varies the 
weighting between at least one of the low-pass FIR filters (202) currently bemg used and the 
unused low-pass FIR filter (204) to switch therebetween, and disables fiie at least one of the 
low-pass FIR filters (204) currently being used. 

20 9. The adaptive filtering device (200) of claim 8, wherem the controller (208) 

calculates the new filter coefficients by calculating initial sine and cosine values usmg an 
approximation formula and calculating coefficients using a sine prediction filter. 



10. The adaptive filtering device (200) of claim 9, wherein the controller (208) 

25 calculates coefficients using the sine prediction filter by applying a pre-calculated window 
fimction and normalizing die window for unity DC gain. 

11. A method of perJBonning aidapUve filtering comprismg: 
receiving an ou^ut (103) of at least one adsqptive fiUer (102), 

30 monitoring a cliaxacteristic of the ou^ut, and 

forvrarding a correction signal (105) in a feedback loop to adjust die 

diaracteristic. 
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12. The method of claim. 1 1^ vrberein the at least one ad^ye filter (102) is a low- 
pass filter, and flie characteristic is amount of Mg^ frequency in the output and the conection . 
signal (105) raises or lowers the hig^ fisquency cut-off of the low-pass iSlter. 

13. A method ofperfinming adaptive filtering, comprising: 

recdving outputs from at least two low-pass FIR filters (202, 204) and 
changing a weighting of each to produce fiOheied oulput data (205); 

receiving at least one cut-off frequency (203), supplying the cut-off fiequency 
(203) to at least one of the at least two low-pass FIR filters (202, 204); and 

varying the weighting of each of liie at least two low-pass FIR filters (202, 
204) to switch between at least two low-pass FIR filters (202, 204). 

14. The method ofclaim 13, wlffitem flie method operates in a normal mode and a 
transition mode, wherein fbo normal mode, the method does not switch filter characteristics 
and Hie ou^ is ficom only one of the at least two low-pass FIR filters (202) and in the 
transition mode, the method switches filter characteristics and the ou^ut is fixnn more than 
one of tiie at least two low-pass FIR filters (202, 204). 
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ABSTRACT: 



An ad^tive fihering device and method where at least one ad^tive filter 
receives an input signal and a metering device receives an ou^ut of Ihe at least one adaptive 
filter, monitors a characteristic of the output; such as power of high-frequency conaponents, 
and forwards a correction signal in a feedback loop to adjust the characteristic of the at least 
5 one filter in order to change the characteristic of the output. An adaptive filtering device 
(200) and method where two low-pass FIR filters (202, 204) receive an ii5>ut signal, a 
weighted adder (206) receives outputs from the two low-pass FIR filters and changes a 
weighting of each to produce filtered output data, and a controller (208) that receives a cut- 
off frequency (203), supplies the cut-off firequency to the two low-pass FIR filters, and 
10 supplies a signal to the weighted adder for varying the weighting of each of the low-pass FIR 
filters to switch therebetween. 
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